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1. 

FILTER APPARATUS AND METHOD FOR 
REDUCING SIGNAL NOSE USENG A 

PLURALITY OF SIGNALS OBTANED FROM 
A SIGNAL SOURCE 

CROSS REFERENCE TO RELATED 
APPLICATION 

The present application is a continuation application of 
U.S. patent application Ser. No. 08/071,337, filed Jun. 2, 
1993, now U.S. Pat. No. 5,421,342 issued Jun. 6, 1995, 
which application is a continuation application of U.S. 
patent application Ser. No. 07/643,719, filed Jan. 18, 1991, 
now abandoned. 

TECHNICAL FIELD 

This invention relates to an apparatus and method for 
increasing the signal-to-noise ratio of a signal, and, more 
particularly, to an adaptive noise filtering arrangement uti 
lizing at least two sets of data representative of a single 
time-dependent variable to produce a filtered signal repre 
sentative of the variable. 

BACKGROUND OF THE INVENTION 

In general, noise filtering is important in a number of 
signal processing areas including electrocardiology, electro 
encephalography, sound amplification, data transmission 
and communications. By providing the appropriate noise 
filtering, a particular signal can be utilized in a manner Such 
that the undesirable effects of noise are substantially elimi 
nated. 
By way of example, recorded components of an electro 

cardiographic (ECG) signal (P-waves, for example) are 
frequently difficult to observe unambiguously due to effects 
such as noise, superposition on other ECG signals (T-waves, 
for example), or unusually low amplitudes. Improving the 
signal-to-noise ratio of an ECG signal allows the character 
istics of a P-wave, which is typically masked by noise, to be 
better detected and identified. Also, electrocardiographic 
micropotentials, which usually require signal averaging to 
detect, may be further enhanced by using the appropriate 
filtering to compare multiple averages. 
Another problem encountered when recording the com 

ponents of an ECG signal is the effect of noise on QRS 
detection. More specifically, arrhythmia monitoring is 
plagued by false-positive QRS detection caused by noise 
artifacts of non-cardiac origin. For example, the source of 
such noise artifacts may be from skeletal muscle action. In 
addition, arrhythmia monitoring is dependent upon the abil 
ity to accurately determine the characteristics of P-waves. 
Accurate detection of P-waves is central to correct arrhyth 
mia classification. 

Thus, while various arrangements are available for filter 
ing ECG signals, there remains a need for improving the 
signal-to-noise ratio of ECG signals to permit the accurate 
determination of the characteristics of ECG signals such as 
P-waves. There also remains the need for filtering which can 
also be used for wave delimiting or wave onset/offset 
detection, reducing noise while maintaining diagnostic 
bandwidth, and improving data compression efficiency for 
transmission and/or signal storage. In addition, there 
remains the need for filtering which provides differentiation 
of signal origin to parts of the heart, electrode misplacement 
detection, discrimination of true ECG change from electrode 
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2 
position effects, recreation of missing leads, event detection 
of power parameters, and non-cardiac signal detection, such 
as fetal ECG. 

SUMMARY OF THE INVENTION 

According to the invention a system for increasing the 
signal-to-noise ratio of a signal such as a reference signal 
representative of a time-dependent variable, the system has 
a first lead arranged to monitor the variable and generate a 
reference signal and a second lead arranged to monitor the 
variable and generate an alternate signal. The system also 
has a sampler which samples the reference signal to generate 
a reference set of values associated with a selected reference 
value of the set. The system also samples the alternate signal 
to generate an alternate set of values associated with the 
selected reference value. Finally, the system has means for 
calculating a compliance coefficient based upon the refer 
ence set and the alternate set and means for calculating a 
filtered value of the reference signal based upon the selected 
reference value and the compliance value. 

Further, according to the invention, a system for increas 
ing the signal-to-noise ratio of a reference signal represen 
tative of a waveform emanating from a heart has a first ECG 
electrode located at a first location relative to the heart to 
monitor the waveform and to generate the reference signal. 
The system also has a plurality of alternate ECG electrodes, 
each alternate ECG electrode being located at a unique ECG 
electrode location relative to the heart to monitor the wave 
form and generate an alternate signal, as well as a sampler 
which samples each alternate signal to generate respective 
sets of alternate values. In addition, the system has means for 
generating an estimated set of values associated with the first 
ECG electrode location based upon the respective sets of 
alternate values, wherein the estimated set of values repre 
sents the waveform, means for sampling the reference signal 
to generate a reference set of values associated with a 
selected reference value of the set, means for calculating a 
compliance coefficient based upon the reference set and the 
estimated set, and means for calculating a filtered value of 
the reference signal based upon the selected reference value 
and the compliance value. 

Another aspect of the system for increasing the signal 
to-noise ratio of a reference signal representative of a 
time-dependent variable has a lead disposed to monitor the 
time-dependent variable and generate a reference signal and 
a sampler which samples the reference signal during a first 
period of time to generate a reference set of values associ 
ated with a selected reference value of the set. The system 
also has means for sampling the reference signal during a 
second period of time to generate an alternate set of values 
associated with the selected reference value, means for 
calculating a compliance coefficient based upon the refer 
ence set and the alternate set, and means for calculating a 
filtered value of the reference signal based upon the selected 
reference value and the compliance value. 

In another aspect of the invention a system is provided for 
generating an estimated set of values representative of a 
time-dependent variable emanating from a source, wherein 
the values of the time dependent variable are associated with 
a lead location relative to the source. A plurality of leads are 
disposed to monitor the time-dependent variable, each lead 
being located at a unique lead location relative to the source 
and each lead generating a reference signal. The system also 
comprises means for sampling each reference signal to 
generate respective sets of reference values, and means for 
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generating an estimated set of values associated with the 
lead location based upon the respective sets of reference 
values, wherein the estimated set of values is representative 
of the variable. 

In another aspect, a system for increasing the signal-to 
noise ratio of a reference signal representative of a time 
dependent variable emanating from a source, has a first lead 
positioned at a first location relative to the source to monitor 
the time-dependent variable and generate the reference 
signal. The system also has a plurality of alternate leads, 
wherein each alternate lead is positioned at a lead location 
relative to the source to monitor the time-dependent variable 
and generate an alternate signal. In addition, the system has 
means for sampling each alternate signal to generate respec 
tive sets of alternate values and means for generating an 
estimated set of values associated with the first lead location 
based upon the respective sets of alternate values, wherein 
the estimated set of values is representative of the time 
dependent variable. Finally, the system has means for sam 
pling the reference signal to generate a reference set of 
values associated with a selected reference value of the set, 
means for calculating a compliance coefficient based upon 
the reference set and the estimated set and means for 
calculating a filtered value of the reference signal based 
upon the selected reference value and the compliance value. 

In another aspect of the invention, a system for increasing 
the signal-to-noise ratio of a reference signal representative 
of a waveform produced by a heart has a first ECG electrode 
disposed to monitor the waveform and generate the refer 
ence signal, a second ECG electrode disposed to monitor the 
waveform and generate an alternate signal and means for 
sampling the reference signal to generate a reference set of 
values associated with a selected reference value of the set. 
The system also has a sampler for sampling the alternate 
signal to generate an alternate set of values associated with 
the selected reference value, means for calculating a com 
pliance coefficient based upon the reference set and the 
alternate set, and means for calculating a filtered value of the 
reference signal based upon the selected reference value and 
the compliance value. 

In another aspect of the invention, a system is provided 
for generating an estimated set of values representative of a 
waveform emanating from a heart. The values are associated 
with an ECG, electrode location relative to the heart. The 
system has a plurality of ECG electrodes, each electrode 
being located at a unique ECG electrode location relative to 
the heart to monitor the waveform and generate a reference 
signal. The system also has sampling means for sampling 
each reference signal to generate respective sets of reference 
values, and means for generating an estimated set of values 
associated with the ECG electrode location based upon the 
respective sets of reference values, wherein the estimated set 
of values is representative of the waveform. 

Finally the invention provides a method for increasing the 
signal-to-noise ratio of a reference signal generated by a first 
lead for monitoring a time-dependent variable. The method 
includes the steps of sampling the reference signal during a 
first period of time to generate a reference set of values 
associated with a selected reference value of the set and 
sampling the reference signal during a second period of time 
to generate an alternate set of values associated with the 
selected reference value. The method also comprises calcu 
lating a compliance coefficient based upon the reference set 
and the alternate set and calculating a filtered value of the 
reference signal based upon the selected reference value and 
the compliance value. 
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4 
BRIEF DESCRIPTION OF THE DRAWINGS 

Preferred exemplary embodiments of the invention will 
be described in conjunction with the appended drawings, 
wherein like numerals denote like elements, and: 

FIG. 1A illustrates a system for monitoring ECG signals 
from a person; 

FIG. 1B is a block diagram representative of a processing 
portion of the system; 

FIG. 2 illustrates the estimation process as used for both 
predicting missing or damaged leads as well as for filtering 
an actual time-dependent signal; 

FIG. 3 illustrates a representation of the computation of 
the vectors Zi and Ui; 

FIG. 4 is a flow chart illustrating the calculation of the 
compliance factors p (i) and p2(i); and 

FIG. 5 is a flow chart illustrating the calculation of the 
coefficient matrix C(l,n). 

DETALED DESCRIPTION OF THE 
PREFERRED EXEMPLARY EMBODIMENT 

FIG. 1A generally illustrates a system for monitoring the 
ECG signals from a person. This system includes a micro 
computer 10 coupled to eight ECG electrodes via an inter 
face board acting as an amplifier and A/D subsystem 50 
(FIG. 1B). By way of example only, the system may be an 
X-Scribe system produced by Mortara Instrument, Inc. In 
the X-Scribe system, the microcomputer may take the form 
of an IBM PS/2 Model 30, and the interface board may take 
the form of a PC-ECGTM data acquisition board manufac 
tured by and available from Mortara Instrument, Inc. The 
PC-ECGTM interface board includes an eight bit connector 
which is compatible with either an eight bit or sixteen bit 
expansion slot of the expansion bus in a typical personal 
computer such as the PS/2 Model 30. The PC-ECGTM 
interface board can be coupled to twelve ECG electrodes 
and provide the data from these electrodes to the microcom 
puter via the expansion bus. Additionally, the PC-ECGTM 
interface board comprises a microprocessor (Motorola 
68000), ROM, RAM, an analog-to-digital converter and 
associated circuitry. The microprocessor of the PC-ECGTM 
board can be programmed by downloading appropriately 
formatted code from microcomputer 10 to the board RAM 
using the Load software provided with, for example, the 
X-Scribe system. 

In the preferred embodiment of the system, code for an 
ECG lead estimation operation and ECG filtering operation 
is down loaded onto the PC-ECGTM interface board via 
microcomputer 10. The source code for this code is listed in 
the attached as Appendix A and includes lines 1-641. The 
source code is written in the C-language and is discussed in 
detail below. First, however, the general concepts behind the 
filtering operation will be discussed. 
The ECG lead estimation operation can be used either for 

filtering or predicting operation of particular leads, as dis 
cussed below and shown in FIG. 2. ECG lead estimation 
allows the system user to estimate an alternate set of 
time-dependent values for one ECG lead based upon the 
values monitored by the other ECG leads. More specifically, 
in an eight lead system, the system user would have the 
ability to estimate the time-dependent values of signals from 
any one of the eight leads based upon the actual time 
dependent values for the other seven leads. One use of this 
feature is to provide the user an estimate for the time 
dependent values of an ECG lead in the situation where the 
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user has the need to compare the actual time based values for 
the particular ECG lead. For example, during the course of 
monitoring ECG leads coupled to a person, the system may 
question whether or not the time based values provided by 
a particular ECG lead are reasonable. Another use for this 
operation is to provide an alternate time-dependent set of 
values for a particular ECG lead for purposes of filtering the 
actual time-dependent values for that particular ECG lead. 

For predicting operation of a particular lead, alternate 
time-dependent values from a number of arrays equal to the 
total number of leads, NLD minus one (NLD-1) are used, 
where NLD is the total number of leads (including the 
defective or missing lead or lead whose values are to be 
filtered). The arrays may be NSMPL dimensional arrays, 
where NSMPL is the number of actual time-dependent 
values sampled during a particular time frame. From these 
arrays, a coefficient matrix (discussed in detail below) is 
determined. Calculating the coefficient matrix corresponds 
to calculating a series of estimated alternate time dependent 
values, which can in turn be compared to the actual time 
dependent values output by the defective or missing lead. 

Therefore, the filtering operation uses estimated alternate 
time-dependent values generated by the estimation opera 
tion for a particular ECG lead along with actual time 
dependent values for that particular ECG lead in order to 
provide a set of filtered time-dependent values which sub 
stantially remove noise artifacts of non-cardiac origin. The 
noise filtering uses the coefficient matrix to perform the 
filtering operation as follows. 
Once the coefficient matrix is obtained, the leads are 

sampled and calculated at each moment in time correspond 
ing to the index i-1,2... The coefficient matrix is then used 
along with data subsequently sampled at time, 1=1,2,... to 
yield a compliance factor from which a filtered output point 
is determined. 
As discussed above, intrinsic to the filtering operation is 

the calculation of compliance factors used to calculate the 
filtered signal on a point by point basis. Hence, once the 
coefficient matrix has been determined, the filtered signal 
can be calculated in real time. If the locations of the leads are 
changed, a new coefficient matrix must be determined. Then 
a composite of the values of the signals output from the leads 
in the new location can be used to develop the estimated 
alternate time-dependent values. Table 1 provides a list of 
mathematical representations which will be used to describe 
how the compliance factors are calculated using the esti 
mated signal process. 

TABLE 1 

i: Sample sequence index (integer) 

l,m,n: Input leader sensor indices 
(integer) 

1" The particular lead to be filtered 
NSMPL: Number of sample points taken by 

each lead to determine the 
coefficient matrix C(lm) 
(i = 1 ... NSMPL) 

NLD: Number of leads or sensors 
(,m,n = 1 . . . NLD) 

Z(i,l}: Actual time-dependent valves (Sample 
data points for simultaneous inputs) 

Sample-to-sample difference 
Coefficient matrix. The diagonal 
elements C(l) are fixed at -1. 
Estimated alternate time-dependent 
values 
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6 

TABLE -continued 

i: Sample sequence index (integer) 

dui,l): u(i,l) - u(i-1) 
estimate-to-estimate difference 

The object of the estimated signal process is to find the 
"best' solution for a set of coefficients called the coefficient 
matrix C(l,m) such that the differences between the esti 
mated alternate time-dependent values and the actual time 
dependent values are minimized as defined below. Equation 
(1) expresses this algebraically. 
The "best” solution is taken to be the coefficient matrix 

C(1,m) which minimizes the left-hand side of Equation (1), 

(1) 

wherein minimization refers to minimizing the mean square 
of the left-hand side of Equation (1), i.e., dev(i,R) for each 
sample i=1,...,NSMPL. Hence, the average or difference 
between the estimated alternate time-dependent values u(i.l) 
and the actual time-dependent values Z(i.l) is minimized. 

Different leads corresponding to different values of 1 are 
subject to arbitrary offsets in their corresponding actual 
time-dependent values Z(i.l). Therefore, it is advantageous to 
use the estimate-to-estimate difference du(il) and the 
sample-to-sample difference dz(i.l) and minimize each 
squared error, Esum(I) for i=i... NDL, as shown Equation 
(2), in order to obtain the coefficient matrix C(l,m). 

NSMPL 
Esum(I) = X. (dev(i,i))? (2) 

Hence, the lth row of coefficient matrix C (lm) is that set of 
coefficients which minimizes the value of Esum(l). 

In certain situations the actual time-dependent values 
Z(i.l) may not be independent for various leads (values of 1). 
This can occur if, for example, lead 1 (l=1) and lead 2 (l=2) 
are sampled by an analog-to-digital converter (ADC) with 
inputs that are not completely electrically isolated. When the 
actual time-dependent values are not independent, there may 
not be a unique solution for the coefficient matrix C(lm), a 
situation referred to as “degeneracy'. This ambiguity is 
resolved by choosing the coefficient matrix C(l,m) which has 
the smallest sum of squares of each of the elements of the 
coefficient matrix C(l,m). This can be achieved by minimiz 
ing a new error function, Fsum(I) for l=1,... NDL defined 
in Equation (3). 

E 

(3) 
Fsum(I) = Esum(I) + wit 

Here, wt is a weight factor determined by later consider 
ations. The purpose of the wt is to maintain a fixed rela 
tionship between the relative weight given to the terms in 
Fsum(I). Minimization of Fsum(l) with respect to C(1,n) is 
accomplished by setting the partial derivatives of Fsum(l) 
with respect to C(1,n) to zero. The diagonal elements, C(l,l), 
are not considered variable, and are fixed at a value of -1. 
The partial derivative of Fsum(I) with respect to C(1,n), set 
to zero, results in Equation (4). 
An expression for C(1,n) can be obtained from Equation 

(3) as shown in Equation 4. 
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-continued 

NSMPL 

and V(m) = 2 d:(i.Ddz(im), 
(4) 

0 if n 7 n., 

and m and n take on all values from 1 to NLD except l', 
where 1' is the lead to be estimated, 
and M(nm) is the inverse of matrix M(m,n), 
and M is a NLD-1XNLD-1 dimensional matrix. 

It is economically desirable to accomplish these calcula 
tions, including the inversion of matrix M(m,n) in fixed 
point arithmetic. To facilitate this, the trace of the matrix 
M(m,n) (without the wt term added to the diagonal of 
M(m,n)) is determined. Then, a shift normalization neces 
sary to insure that the trace of M(m,n) lies between 8192 and 
16384 can be established. Namely, the matrix M(m,n) and 
the vector V(m) are scaled by shifting (dividing by the 
appropriate power of2). After the normalization is complete, 
M(m,n) and V(m) are nearly "dimensionless', in the sense 
that their magnitude is nearly independent of the values of 
the actual time-dependent values Z(i.l). 
The weight wt is then chosen to be /128 of the trace of 

M(m,n). This maintains a fixed relationship between the 
relative weight given to the terms in Fsum above. The 
process of inverting the matrix M(m,n) returns a solution for 
the 1" row of the coefficient matrix C(lm). This process is 
repeated for l=1 . . . NLD yielding all NLD rows of the 
coefficient matrix C(l,m). Finally, the resulting coefficient 
matrix C(l,m) is scaled up by 256 to improve subsequent 
arithmetic accuracy. 
The filtering operation for the first embodiment of the 

invention involves independently filtering two separate fre 
quency bands f1 and f2. Table 2 shows several intermediate 
terms y, y2, y3, y', y'2, y'3' which must first be calculated. 

y8(i-17,D)+3/16x (y8(i,i)+ 
y8(i-25,D)-fl(i-16,2) 

In addition, high pass filters f1'(i-4.l) and f2'(i-16,l) are 
defined analogously to f1(i-41) and f2(i-16,l) with y'(i.l), 
y2(il) and y8(il) substituted for y(fl), y2(il) and y8(i.l), 
respectively. It should be noted that y and y' correspond to 
the sum and difference, respectively, of the estimated alter 
nate time-dependent values u(il) and the actual time-depen 
dent values Z(il). A similar relationship exists between the 
f1 and f1, and between the f2 and f2 teams. 
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8 
Computationally, the evaluation of y'(i.l) in Table 2 

involves the largest number of calculations, namely it 
involves NLD multiplications for each of the NLD leads or 
sensors. However, this computation need only be carried out 
one time for each sample interval NSMPL and need not be 
repeated for each pass f1, f2. As a result, this multi-band 
filtering technique is computationally economic once the 
estimated alternate time-dependent values u(i.l) have been 
calculated for a given lead or sensor l. 
Two different versions of compliance factors yielding 

substantially the same result are written here as p1 (i) and 
p(i), where i is an integer corresponding to the sample 
sequence index as indicated in Table 1. Equations (6a) and 
(6b) show how the compliance factors p (i) and p2(i) are 
calculated using the actual time-dependent values Z(i.l) and 
the estimated alternate time-dependent values u(il). The 
version p(i) is used in the preferred embodiment. Equations 
(6a) and (6b) can be written in vector form using scalar 
products as shown in Equations (7a) and (7b), respectively, 
where U and Z, correspond to vectors of dimension NLD 
formed by taking the i" estimated alternate time-dependent 
values u(i.1) and the i' actual time-dependent values Z (i,i), 
respectively for all leads l=1 ... NLD as shown in FIG. 3. 

Computation of the scalar products UZ, ZZ, and U-U, 
involves only one new product for each new sample. 

(6b) 

Ui - Zi 
Z.Z. 

(7a) 

FIG. 3 shows the relationship between the actual time 
dependent values Z(i.l) and the NLD dimensional vectors Z, 
and the relationship between the estimated alternate time 
dependent values u(i.l) and the NLD-1 dimensional vectors 
U, where NLD=8. The top of FIG.3 shows selection of the 
vectors Zi and the bottom of FIG. 3 shows selection of the 
vectors Ui. The lead to be estimated is lead 5 (l=5) in FIG. 
3. 
The filtered signal outputs g(i.l') and g(i.l) are calcu 

lated as shown in Equation (8). 

(7b) 

where j=1 or 2; k=1 or 2; i=1 . . . ; l=1 ... NLD. Here f1, 
f2, f and f are calculated as described above using Table 
2 and Equations (5a) and (5b). 
The values of g and g are displayed upon the monitor 

of microcomputer 10. Referring to lines 627-638 of the 
code, an interrupt is sent to microcomputer 10 from the 
PC-ECGTM board for each sample i subsequent to the 
calculation of g and g. At the interrupt, microcomputer 
10 updates its video memory such that the display displays 
an graphic real-time representation of the filtered signal 
corresponding at lead l'. More specifically, every 4 millisec 
onds an interrupt is sent to microcomputer 10. For conve 
nient graphics control, microcomputer 10 buffers 16 filtered 
output signals (ge, g) prior to updating its video memory, 
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thereby updating the video memory and image displayed 
upon the monitor every 64 milliseconds. 
Of course, other approaches could be taken for purposes 

of displaying the filtered output signals. For example, the 
microcomputer 10 could be configured to provide graphical 
data representative of the filtered output signals to a printer 
connected to microcomputer 10. 
The calculation of the coefficient matrix C(lm), the 

compliance factors f(i), f(i) and the filters f, f, if and fo 
will now be described in accordance with the source code 

in Appendix A and the preferred embodiment. 
Table 3 matches up nomenclature used in the source code 

and the corresponding nomenclature used in the above 
discussed equations. In the preferred embodiment there are 
eight leads or sensors so NLD is 8. The number of samples 
NSMPL is 1,000. The procedure "pcmain” begins at line 79 
of the source code and ends at line 256 of the code. 
The interrupt function "ampirq' in the code enables the 

PC-ECGTM interface board to accept interrupts from the 
amplifier and A/D subsystem 50 at 1 millisecond intervals. 
The amplifier and A/D system interrupts with 18 byte data 
frames in FIFO using "amp.fifo.byte' (see Table 3). Each 
frame consists of a "synch' byte plus 16 data bytes (8 leads 
X2 bytes) as well as a status byte (not used here). The synch 
byte plus the 8 bytes of data from the 8 leads are read into 
address "pzbi' by a pre-interrupt function. 
The pointer"pzbi' is used as a circular buffer pointer. The 

data from the 8 leads enter the FIFO memory every milli 
second. The data are then averaged every four milliseconds 
to net one sample or actual time-dependent value Z(i,i) every 
four milliseconds for every lead. 

Finally, the function "ampirq' calls the function "irq250” 
which begins at line 357 and ending at line 640 in the source 
code. The function "irq250” performs the calculations cor 
responding to equations (5)-(13) as well as the calculations 
in Table 2. At line 392 of “irq250 performs the test of 
whether or not the coefficient matrix has been calculated in 
"pcmain”. Once "ready" is set to 1 at line 261 in "pcmain", 
"irq250” goes on to calculate f, f, pi, p, and finally ge 
ge 
"FIG. 4 is a flow chart outlining the steps "irq250” uses to 

calculate the compliance factors p and p. More specifi 
cally, step 100 performs a baseline high pass filter on the raw 
data. Step 102 calculates the expressions in Table 2. Step 
104 initializes num, and den. Step 106 involves calculating 
fl according to Equation (5a). Step 108 and 110 involve 
calculating f1". Steps 112-116 involve calculating p(i) by 
substituting the result of Equation (9) into Equation (10). 
The value of p (i) is then stored in step 118, and the process 
is repeated in step 120. In step 120, num, den, f2, f2 and 
BOX2 are substituted in place of num, den, f1, fl', and 
BOX1 respectively, and steps 104-116 are executed to solve 
for p(i). Finally, in step 122 the values of p(i) are stored. 

TABLE 3 

Specification or Explanation Appendix A 

P1, P2 rho(03, rho1 
C(1,n) coeful use 0 . . . 63 
V(m) ivectu u = 0 ... 6 
M(m,n), M (nm) corru, icorru 

u = 0 . . . 47 
nun, num2 numero), numer1. 
den, den2 denomo), denon 
NSMPL NSMPL 
NLD NLD 
Box Box2 Box1 = 8 Box2 = 32 

10 

15 

20 

25 

30 

35 

40 

45 

50 

55 

60 

65 

TABLE 3-continued 

Specification or Explanation Appendix A 

FIF2 fl. 2 

k=1- numero, denomo 
XE num1(k), 

k- den1(k) 

ki-- numer 1, denom1} 
X num2(k) 

kasi-(Box2--1) 

e k-i-(Bók+1)" 
interrupt to pc indicating amp.pcin.byte 
filtered output is ready 
circular filtered output xOt 
filter signals flout, f2out 
circular buffer pointer pzbi 
raw input data for each lead Zinul, u = 0 . . . 8 

The matrix M in equation (5) is a 7x7 matrix and the 
vector V is a 7 dimensional vector. The matrix M corre 
sponds to the array "corr' of dimension 49 defined at line 60 
of the code. The vector V corresponds to the array "ivect” 
defined at line 61 of the code. In calculating the coefficient 
matrix C(lm) a set of data Z(i,i) i=1 ... 1,000 and l =1 . . . 
8 is first sampled and sample-to-sample difference terms 
dz(i.l) are stored in the RAM of the A/D subsystem 50 of the 
PC-ECGTM interface board. The RAM is a circular buffer 
memory. Since NLD=8, the coefficient matrix C(1,m) is an 
8x8 matrix, which is represented in the code by a 64 element 
array called "coef' defined at line 60. 

FIG. 5 shows a flow chart directed to calculating the 
coefficient matrix C(lm). (The line numbers corresponding 
to the source code which implements the steps discussed 
below are included parenthetically at the introduction of 
each step.) 
The process begins by initializing "corr' (M) and “ivect” 

(V) at step 200 (lines 151-153). Step 202 involves setting 
pointers to point to the sample-to-sample differences dz(i, 
m). Step 204 (lines 160-187) involves calculating the prod 
uct of sample-to-sample differences dz(i,m) contained in the 
second term on the right-hand side of the expression for 
M(m,n) in Equation (4). This results in a matrix M'(m,n) 
which is again stored as "corr". Step 206 (line 104) involves 
finding the trace of matrix M'(m,n). Step 208 (lines 
202-203) involves determining the shift normalization or wt 
in the first term of the right-hand side of Equation M(m,n) 
in Equation (4). Therefore, after step 208 is complete, the 
matrix M'(m,n) is dimensionless, i.e., independent of the 
scale of the actual time-dependent values Z(i.l.). Step 210 
(lines 220-228) involves calculating the matrix M(m,n) in 
Equation (4). Finally, step 212 (line 239) inverts the matrix 
M(m,n) in order to calculate C(l,n). Here C(1,n) is for a fixed 
1 or a single lead or sensor, and therefore C(1,n) is a vector 
of dimension NLD-1=7. 

Steps 200-212 must be repeated for all of the leads l=1. 
... NLD=8 yielding a 7x8 matrix C(l,n) at step 214 (lines 
254-265). In step 216 the 7x8 matrix becomes the com 
pleted 8x8 matrix C(1,n) by inserting -1 in the diagonal of 
the 7x8 matrix. The 8x8 coefficient matrix C(1)m) can then 
be used to calculate y'(i.l) in Table 2. Upon completion of 
8x8 matrix C(1,n) an interrupt to microcomputer 10 in step 
218 takes place. 

In order to calculate y'(il) another set of actual time 
dependent values Z(i,m) must be sampled by the analog-to 
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digital (AID) subsystem. Once y'(i.l) along with y, y2, y2, 
y8' and y8 are all calculated according to the expressions in 
Table 2, the filters f1, f2, f2, and f2 can be determined. Note 
that the matrix multiplication used to obtain y' need only be 
done one time for all of the filters as was previously 5 
discussed. Consequently, multi-bin filtering is computation 
ally economic once the estimated signal input corresponding 
to the matrix C(l,m) is calculated. 
The multi-bin filters f1, f2, f', f2 and i=1 . . . , the 

compliance factor p(i) are used to determine the filtered 1 
output g(i.l) according to Equation (8). The compliance 
factors p and p2 can be calculated from u(i,l) and Z(i,l) as 
shown in FIGS. (6a), (6b), respectively. Therefore, g(il)= 
f(i.l) and g(i.l)=f,(i.l) according to Equation (8). p(i) can 
be written as p,(i) =num,(i)/den,(i). Then it is possible to 1 
solve for num,(i) and den(i) using Equation (8) as shown in 
Equation (9). 

NDL 9) num,(i) = (gi(ii) -gi (il)) ( 
l= 2 

NRL 2 : den(i) = (gf(i)+gf(i)) 

The first set of time-dependent variables or sampled data 
Z(i.l) is used to calculate C(l,m). Finally, for computational 
purposes, the compliance factor p(i) can be written as 
shown in equation (10). 

2 

pj(i) = ki-boy) - 1 

--(-)" 
where if X num,(i)<0, then p(i)=-%, and if p(i)-p(i- 
1)>slew rate threshold, then p(i)=p(i-1)+slew rate thresh- 3 
old, where the slew rate threshold is a number corresponding 
to a maximum allowable slew rate. 
The summations of num, and den, are performed over a 

window or box of sample indices i. Hence, the compliance 
factor p(i) is computed using sums over windows or sets of 

(10) 
3 

1 + 

O 

5 

O 

5 

O 

5 

sample points within Box1=8 samples of each other, or 40 
Box2-32 samples of each other yielding num,(i) and den,(i). 

12 
These sums are computed as rolling sums, adding leading 
window edge terms and subtracting trailing window edge 
terms. This means of summing is both efficient computa 
tionally and permits retention of a "dead band' bias in the 
form of specific initial values given to the initial numerator 
and denominator sums. 
The size of the bias essentially limits the value of the 

smallest signal that can appear at the filter output. Hence, if 
a signal level is below a certain threshold level the output 
signal is Zero. 

Initial values for num, and den, are given on lines 
123-127 of the source code. Here, the threshold level is set 
by initializing “denom(0)”, “numer O' to 7200, -7200, 
respectively and "denom1)”, “numer1)" to 26,400, -26, 
000, respectively. Finally, the addition of “1” to the denomi 
nator window sum in Equation (10) is done merely to 
prevent division by Zero in the event of a null input signal, 
i.e., z(i.l)=0 for all i=1 . . . NSMPL and l=1 . . . NLD. 

Special features of the filter include: no assumption of 
stationary noise; compliance of leads used as well as com 
pliance of sequences; dynamically varying passband; real 
time capability; predictive of missing lead; limiting positive 
slew rate of compliance; positive coherence required; multi 
band partitioning maintenance of diagnostic bandwidth; 
resolution of DC offset; integer arithmetic; deliberate dead 
band for subthreshold signals; and deadband for each band 
partition. 
The present invention may thus be embodied in other 

specific forms without departing from the spirit or essential 
characteristics thereof. The presently disclosed embodi 
ments are therefore to be considered in all respects as 
illustrative and not as restrictive, the scope of the invention 
being indicated by the appended claims rather than by the 
foregoing description, and all changes which come within 
the meaning and range of equivalency of the claims are 
therefore intended to be embraced therein. 

While the description of the preferred embodiment of the 
present invention is directed to the area of electrocardiology, 
it should be understood that the present invention is also 
applicable to noise filtering used in other technical areas 
such as electroencephalography, sound amplification, data 
transmission and communications. 
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A k 
/k 

|Prologue: C-language filter implementation for PC-ECG coprocessor 
card fur IBM-compatible PCs 

filter. c. */ 

Copyright 1990 
Mortara Instrument, Inc 
Milwaukee, Wisconsin 

All rights reserved. 

it include <memory.h> 

# include "pcper.h" 
idefine size (vec) (sizeof (vec) >> 1) 

idefine NULL O 
i define SFAC l A x 250 s/s circular buffer */ 
it define LSF O 

define CIRCRAM Ox4 OOO 
i define NLD 8 A * Number of independent leads * 

extern int ird vec (8); A k interrupt vectors */ 
extern char ram, ramend; 
extern struct 2buf { 

idefine 
define 

define 
#define 

define 
idefine 
idefine 
#define 
define 
define 

it define 
define 
define 
define 

if define 
idefine 
it define 

short zin (8); Ak raw input data for each lead 
} zbuf ( ; / k input buffer with in & out po 
SMP size (zbuf(0) A k Size in "short words" of zbuf 
NSMP (CIRCRAM/sizeof (zbuf 0))) /* Total buffer samples 
BOX 8 
BOX2 32 

X (a) zin (a-SMPLk (BOX2/2+64+1) 
Xp (a) Zina-SMPLk (BOX2/2+ 64+2+34) 
X2 (a) zin (a-SMPLk (BOX2/2+64+1+68) 
x2p (a) zina-SMPL k (BOX2/2+64++76) ) 
x8 (a) zina-SMPLk (BOX2/2+64+1+84) 
x8p (a) zina-SMPLk (BOX2/2+64+1+110) ) 
fl (a) Zina-SMPLk (BOX2/2+ 64+l-i-l36) ) 
flip (a) zin (a-SMPLk (BOX2/2+ 64+1+149) ) 
f2 (a) zin (a-SMPLk (BOX2/2+ 64+l+162) ) 
f2p (a) zina-SMPLk (BOX2/2+64+1+180) ) 
flout (a) zin (a-SMPLk (BOX2/2+ 64+1+198-BOX1/2-1)) 
f2 out (a) zina-SMPL k (BOX2/2+64+1+199-BOX2/2-lit 26) ) 
Xout (a) zina-SMPLk (BOX2/2+ 64+1-240) ) 
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53 
54 
55 
56 
57 
58 
59 
60 
6. 
-62 
63 
64 
65 
66 
67 
68 
69 
70 
7. 
72 
73 
74 
75 
76 
77 

long zbase (8); 
short rcvirq 3 ); 
unsigned char synch (3) ; 
struct zbuf *pzbi, *pzbo; 

short fifoctr; 
short cvec (8), corr (49), coef. 64); 
int icorr (49), ivect (7) ; 
int numer 2, denom (2 : 
struct numden 

int nil , dil, n2, d2; 
} numden (300), *.pndinem; 

short rho (2) ; 
short ready; 

extern int crystal; 
unsigned char get cind () ; 

A k ctrl 
#define 
define 
define 
idefine 

*/ 
CLKCL 0x80 
UART Ox2O 
N RESET oxlo 
TR RC 0x8 

D7 
D5 
D4 
D3 

16 

A * Baseline k/ 
/k interrupt counters k A 
A * irq data synchronization byte 
/k circular buffer in/out ptrs x 

Ak Counter for FIFO interrupts * 

CLKCL, CLOCK OUTPUT conTROL k/ 
UART CONTROL x/ 
-RESET */ 
TR/RC TRANSMIT/RECEIVE CONTROL * 
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78 
79 pcmain (parity, fault) 
80 ( 

... 8 register short *pz, *py, cnt, sun, ld, res; 
82 register int isum, *.icor, kivec; 
83 register unsigned char kpc ; 
84 short lidsoll, ld2, c77 ; 
85 
86 
87 

88 Initialization l. 
89 Initial setting of variables 
9 O 
9. 
92 Imenset (&ram, O, &ramend - &ran - OxlOO); 
93 memset (zbuf, O, CIRCRAM) ; 
94 
95 pzbi = zbuf+NSMPL, pzbo = pzbi - l; 
96 
97 amp. ctrl. bytel = 0; 
98 amp.ctrl...byte2 = TR RC; A k set clock out and in transmit Inode * 
99 amp.ctrl. byte2 = TR RCN RESET; Ak unres at ILGA */ 
OO amp. Ctrl. byte2 = N RESET; A k enable receive */ 

lOl amp. Cnt. byte2 = 0; 
102 amp. Cnt. bytel = 0; 
O3 
lO4 synch (0) = 0x80; 
O5 
O6 
O7 Initialization 2. 
O8 Await command bytes from PC (0x80 + 22) 
O9 

110 
lill while (getcmd () = 0x80) ; w 
11.2 amp.pcout. byte = parity, amp. pcout. byte = fault; 
l3 

ll 4 getcmd () ; 
5 

ll 6 
7 Initialization 3. 

118 Initial filter parameters with deadband for 2 
19 frequency bands 
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12l pndmen = numdent is 0; 
l22 
23 denon (O) 
l24 numer (O) 
25 

126 denon (1) 
27 numer (l 

100 k 8 k (BOX1 + l) ; 
-denom O >> 3; 

s 100 k 8 k (BOX2 + 1); 
-denom (l) >> 3; 

28 
29 

130 Initialization 4. 
13 Allow interrupts from amplifier A/D subsystein 
l32 Wait > lO seconds for system stabilization 33 

Oct 17 l.2:5l 1990 patent. src Page 4 

134 setpri (0x2300); 
35 

l36 while (rcvirq (4) < 250 k 10 pzbi = zbuf+NSMPL+4) ; 
37 
38 setpri (0x2700); 
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39 
4 O 
4. 
l42 
l43 
144 
145 
l46 
47 
48 
49 
5 O 
5 
52 
53 
54 
55 
56 
lS7 
58 
59 
60 
6. 

l62 
l63 
64 
65 
66 

167 
168 
69 

Alternate Lead . 
Determine vector of coefficients for each lead which 
best predict given lead from all other leads 

for (ldsoll = 0; lasol K NLD; lasol----) 

Alternate Lead l. l. 
Initialize correlation natrix and vector to zero 

icor = icorr, ivec = livect; 
menset (icor, 0, 4 k (NLD-1) k (NLD-l)); 
menset (ivec, 0, 4k (NLD-1)); 

Alternate Lead l. 2 
Accumulate correlation matrix and vector elements from 
sample-to-sample difference products over -loo O terius 

for (ld2 = 0; d2 < NLD; ld2++) 
( 
if (ld2 =s loisol) continue; 
for (ld = 0; lid <= d2; la++) 

{ 
if (ld == lidsoll) continue; 
py = zbuf (8). zin+ld, pz = zbuf (8). zin+ld2; 
for (cnt = 8, isum = 0; cnt < NSMPL-4; cnt++) 

{ 
sum = *py - k (py-SMPL) ; 
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97 
1.98 Alternate Lead l. 4 
99 Determine shift nor Italization to keep trace < 16384 
200 

2O2 if (sun D = 0) for (res = 8; sum = 0; sun >>= l) res++; 
2O3 else res = 24; 
2O4. 
205 
2O6 Alternate Lead l. 5 
2O7 Scale matrix and vector to permit accurate matrix 
208 inversion 
209 

20 for (p2 = corr, icor = icorr, cnt = 49; -- cnt >= 0; ) 
2. *pz++ = k icor---- >> res; 
22 for (p2 = cvec, ivec = i vect, cnt = 7; --cnt >= 0; ) 
23 *pz++ = kivec++ >> res; 
24 
25 
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27 
218 
219 
220 
22l 
222 
223 
224 
225 
226 
227 
228 
229 
23 O 
231 
232 
233 
234 
235 
236 
237 
238 
239 
24 O 
24l 
242 
243 
244 
245 
246 
247 
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Alternate Lead l. 6 
Symmetrize matrix and add diagonal degeneracy 
prevention terms 

sum = isun >> (res+2), cnt = suit << l; 

for (ld2 = 0; la2 < NLD-l; la2++) 

for (ld = lci2+1; lid < NLD-l, ld----) 
corr (NLD-1) *ld2+ld = corr (NLD-1) kid+ld2); 

corr (NLD kild2 += cnt; 
} 

Alternate Lead l. 7 
Find solution vector 'c7" and save in 'coef' Illatrix 
Note that "coef" is scaled up by 256 for accuracy of 
subsequent integer arithmetic 
Put diagonal of 8x8 coef matrix to - (-256) so that 
application of coef to vector of leads yields the 
difference of lead and its predicted value 

matrix (NLD-1, corr, cvec, c7) ; 
memcpy (coef- 6 4+lé*ldsoll, cvec, 14); 

pz = & coef (8*ldsoll) ; 
k (pz+ldsoll) = -256; 

memcpy (pz, c7, 2kldsoll) ; 
memcpy (pz+ldsoll-il, c7+ldsoll, 2k (7-lidsol)); 
} 
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248 
249 
250 
25 
252 
253 
254 
255 
256 
257 
258 
259 
260 

Alternate Lead 2. 
Re-initialize variables, re-synchronize with interrupts, 
signal interrupt subroutine that coefficient matrix is ready 

-----all-e-r- memset (zbuf, O, CIRCRAM), rcvirq (4) = 0, rc’vird (3) = 0; 
pzbi = zbuf+NSMPL, pzbo = pzbi - l; 
synch (O) = 0x80, fifoctr = 0; 

while ( : (amp.ctrl...bytel & OxlO) ) Ask As long as FIFO is not empty 
if (amp. filfo. byte) ; 



26. 
262 

- 263 
26A 
265 
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ready = f; 
setpri (Ox23 OO); 

while (1) ; 
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256 
267 
268 
269 
27 O 
27 
272 

Function getcmd. () 
Receive command bytes from nost PC 

unsigned char getcmd () 

30 
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273 reglster unsigned char XX; 
274 
275 

276 while (amp. citri. bytel & Ox40) ; . . / k Wait for byte in input latch 
277 
278 xx = amp. pcin-byte; 
279 if (xx == 'X' ) setpri (0x2700), load (); 
28O alp. pcout. byte = xx; A k Echo k/ 
281 return XX; 
282 } 
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283 



284 
285 
286 
28 
288 
289 
29 O 
29 
292 
293 
29 A 
295 
296 
297 
298 
299 
3 OO 
30. 
3 O2 
303 
3O4. 
305 
306 
3 O7 
3O8 
3 O 9 
30 
3.1 
32 
33 
34 
35 
36 
37 
38 
39 
32O 
321 
322 
323 
324 
325 
326 
327 
328 
329 
33 O 
33 
332 
333 
334 
335 
336 
337 
338 
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Interrupt Function ampirq () 
Accept amplifier & A/D subsystem interrupts at 1 
millisecond intervals 

ampirq () 
{ 
register unsigned char kpa, kpc; 
register short error, shift; 
register short cnt, cnt 4; 

Interrupt l. 
Amplifier-A/D system interrupts with l8 byte data frame 
in FIFO at amp. fifo. byte. Frame consists of "synch." 
byte plus le data bytes (8 leads x 2 bytes) plus status 
byte (unused in this application). Synch plus 8 bytes 
are already read into address "pzbi" by pre-interrupt 
function 

pa F &alp.fi fo. byte; 
pc = (unsigned char k) pzbi, pc += 8; 

Interrupt 2. 
Read remaining 8 frame data bytes and discard status. 
Set next expected synch byte. 

for (cnt = NLD; --cnt >= 0; ) kpc---- = kpa; 
if (kpa == 0) ; A k Extra read to empty F 

synch O = (synch ( 0 + 1) & Ox33; 

Interrupt 3. 
Maintain "pzbi" as circular buffer pointer. 

if (pc > ( (unsigned char *) zbuf) + 2* CIRCRAM - sizeof (zbui (O) ) 
pc -= CIRCRAM; 

pzbi = (struct zbuf *) pc; 

Interrupt 4. 
Count lins interrupts, and average groups of 4 to net 
l sample each 4ms. 

fifoctr++; 
if (! (fifoctr & 4)) return; 
fifoctr = 0; 
pc -= 3 * sizeof (zbuf ( 0 ); 
pzbi = (struct zbuf k) pc; 

# define pzl ( (short k) pc) 
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352 
353 
354 
355 
356 
357 
358 
359 
360 
361 
362 
363 
364 
365 
366 
367 
358 
369 
370 
37. 
372 
373 
374 
375 
376 
377 
378 
379 
38O 
38. 
382 
383 
384 
385 
386 
387 
388 
389 
39 O 
39. 
392 

Interrupt Function irq250 () 
Perform 250 sample/second filter functions 

irg250 () 
{ 
register unsigned char kpa; 
register short *pz, kpzolid; 
register struct numden kpnd; 
register short error, shift; 
register unsigned long offset; 
register int. cnt, isum; 
short indiX; 

#define ps ( (struct zbuf k) pz) 
#define psolid ( (struct zbuf *) pz old) 
idefine pX ( (short k) pa) 

rcvirq (4 ++; 
setpri (OX2300) ; 

Baseline Filter 1. 
Remove low frequency components of input by applying 
single-pole high pass filter with 4 - O96s time constant. 

pz = (short k) pzbo, pzold = pz + NLD; 
for ( (long *) pa = zbase; pz < p zold; ) 

error = *pz error -= * (short k) pa; /* error is Inis-nomer k/ 
if (error > 0x7FOO) 

* (short k) pa + = error, error = 0; /* Reset baselin *pz++ = error; 
k ( (long *) pa) ++ + = error << (6-LSF) ; 

p2 -= NLD, pz old = pz; 
if (! ready) return; 
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393 
394 
395. Filter l. 

396 Maintain circular buffer pointer to numerator and 
397 denominator terms 
398 
399 pnd = pndmen, pnd----; 
4 OO if (pnd >= numden+300) pnd -= 1.50; 
4 Ol pndmen = pnd; 

4. O 
4O4. Filter 2, 
405 For each lead: 

A 08 /* Estimate 284 k 8 memory cycles k/ 
4.09 for (px = coef, cnt = NLD; --cnt >= 0; pz++, pzold -= NLD) 
30 { 
4. 
42 Filter 2. l. 
43 Calculate: 
44 xp (O) as "sample - predicted sample" value 
45 x(0) as "sample + predicted sample" value 
46 - 

4. x2 (0) as pair average of X (O) 
48 x2p (0) as pair average of Xp (O) 
49 x8 (O) as 8-pit average of x(0) 
420 x8p (0) as 8-pit average of Xp (0) 
42 

422 for (shift = NLD, isum = 0; --shift >= 0; pzold.----) 
423 isum += psold->zin O. k kpx++; 
424 

4.25 isum >>= 8, error = i surn, ps->xp (O) = error; 
426 shift = ps->zin (O), shift <<= i, shift + = error, ps->x (O) = shif 427 
428 shift += (ps-l) -> x(0); 
429 shift >>= l, ps->x2 (O) = shift; 
430 shift += (ps-2) -> x2 (O), shift += (ps-4) -> x2 (0); 
43 shift += (ps-6) -> x2 (O) ; 
4.32 shift >>= 2, ps->x8 (O) = shift; 
433 
434 error += (ps-l) ->xp (O); 
435 error >> = 1, ps->x2p (O) = error; 
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437 
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439 
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error -t- (ps-2) -> x2p (O), error += (ps-4) -> x2p (0); 
error += (ps-6) -> x2p (O); 
error >> = 2, ps->x8p (O) = error; 
) 
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A 4 O 
4.41 
4.42 
4 43 
444 
445 
44 6 
447 
4 48 
4. 49 
450 
45. 
452 
453 
454 
455 
456 
457 
458 
459 
4, 60 
46 
462 
463 
A 64 
465 
A 66 
4.67 
A 68 
A 69 
470 
A 7. 
A72 
473 
474 
475 
476 

crit = 0, 
for (ndix 

Filter 3. 
Initialize numeratcr/denominator suits to zero 
For each lead : 

offset = 0; 
= NLD, pz = pz old; --ndix >= O ; piz++) /* Estimate 133 k 8 cycl 

Filter 3. l. 
Calculate frequency band li filter output minus input 
for filter ter in first calculated "BOX1/2+1" sample 
intervals ago 

error = (ps-BOX1/2-i) -> f l (O), error -= (ps-BOX1/2-l) -> flip (O) ; 
(ps-BOX1/2-il) --> flout (O) = (error k rho (O) >> 16; 

Filter 3.2 
Calculate band l filter output of x(0), and add squared 
output to numerator and denominator terms 

error = (ps-2) -> x2 (0), error += (ps-5) -> x2 (O), shift = error; 
error -= ps->x2 (0), error -= (ps-7) -> x2 (O), error >>= 2; 
error += shift, error >>= l, error -= (ps-4) -> x(0); 
ps-> f l (O) = error; 
isum = error k error; 
cnt += isum, offset += isurn; 

Filter 3.3 
Calculate band 1 filter output of xp (O), and subtract/ 
add squared result to numerator/denominator terms 

error = (ps-2) -> x2p (O), error += (ps-5) -> x2p (O), shift - error; 
error -= ps->x2p (O), error -= (ps-7) -> x2p (O), error >>= 2; 
error += shift, error >> = 1, error -= (ps-4) ->xp (O) ; 



77 
478 
479 
48O 

Oct 7 

48 
482 
483 
484 
485 
486 
487 
488 
489 
490 
49 
492 
A93 
4.94 
495 
496 
497 
498 
A99 
5 OO 
5 Ol 
502 
503 
504 
505 
506 
507 
508 
509 
50 
5.1. 
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ps->f p (O) = error; 
isult = error k error; 
cnt -e isum, offset += isum; 
) 
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Filter 4. 
Calculate rhol c (ratio-1)/2 of average of last "BOX1--l." 
numerator and denominator terms of band 1 

A * Estimate 128 memory cycles k/ 
pnd->n = cnt, (pnd-lSO)->nil = cnt, pnd->dl = offset, (pnd-150) ->dl = of 
Cnt -- (pnd-BOXi-) ->nl, offset -= (pnd-BOX-l) ->dl; 
cnt += numer (O), offset += denon (O); 
denom (O) = offset; 

Filter 4. l. 
For average numerators <= 0, assign rhol = -1/2 

if ( (numer (O) = cnt) <= 0) rho(0) = -0x8000; 
else 

Filter 4.2 
For average numerators > 0 , calculate "rhol" after 
normalizing average numerator & denominator and 
protecting against null denominator by adding l. 

offset >>= l, shift = offset >> 16; 
while (shift = 0) offset >>= 2, cnt >>= 2, shift >>= 2; 
offset:++ cnt >>= 2; 

error = (unsigned int) (cnt << 16) / (unsigned short) offset; 
error -= 0x8 OOO; 



52 
513 
S4 
5.5 
56 
57 
58 
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45 46 

Filter 4.3 
Positive rate of increase of rho is limited 

shift = rho(0), shift + = 32000/BOX1; 
if (error > shift) rho(0) = shift; else rho(O) = error; 
} 
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59 
52O 
52. 
522 
523 
524 
525 
526 
527 
528 
529 
530 
53 
532 
533 
534 
535 
536 
537 
S38 
539 
540 
541 
542 
543 

Cnt of O, 
for (ndx 

Filter 5. 
Initialize numerator/denominator sums to zero 
For each lead: 

offset = 0; 
= NLD, p2 = p zold; --ndx >= 0; pz++) /* Estimate 132 k 8 cycli 

Filter 5. l. 
Calculate frequency band 2 filter output minus input 
for filter term first calculated "BOX2/2+l" sample 
intervals ago 

error = (ps-BOX2/2-1) ->f2 (O), error -= (ps-BOX2/2-l) -->f2p (O) ; 
(ps-BOX2/2-l) ->f2 out (O) = (error. k rhol.) >> 16; 

Filter 5.2 
Calculate band 2 filter output of x (O), and add squared 
output to numerator and denominator terms 

error = (ps-8) -->x8 (O), error += (ps-17) -->x8 (0), shift F error; 
error -= ps->x8 (O), error -= (ps-25) -> x8 (O), error *= 3, error > 
error += shift, error >>= 1, error -= (ps-ló) ->x(0); 



to 44 
545 
546 
547 
548 
549 
550 
551 
552 
553 
554 
555 
SS6 
557 
558 
559 

5.490,515 
47 48 

error -= (ps- (BOX2-BOX1)/2) -> f l (O), ps->f2 (0) = error; 
isut se error it error; 
cnt += isun, offset += isun; 

Filter 5. 3 
Calculate band 2 filter output of xp (O), and subtract/ 
add squared result to numerator/denominator ter. Ins 

error = (ps-8) -> x8p (O), error += (ps-17) -> x8p (O), shift = error; 
error -- ps->x8p (O), error -= (ps-25) -> x8p (O), error k = 3, error 
error += shift, error >>= 1 error -= (ps-16) ->xp (O) ; 
error -= (ps- (BOX2-BOX1)/2) -> flip (O), ps->f2p (O) = error; 
isum = error k error; 
cnt -- isum, offset += isum; 
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560 
56 
562 
563 
S64 
565 
566 
567 
568 
569 
570 
57. 
572 
573 
574. 
575 
576 
577 
578 

Filter 6. 
Calculate rho2 = (ratio-1)/2 of average of last "BOX2+l" 
numerator and denominator terms of band 2 

A * Estimate 129 memory cycles */ 
pnd->n2 = cnt, (pnd-150) ->n2 = cnt pnd->d2 = offset, (pnd-l5O) -> d2 = of 
cnt -= (pnd-BOX2-1) ->n2, offset -= (pnd-BOX2-1) -> d2; 
cnt += numer (l), offset += denom (l) ; 
denoml) = offset; 

Filter 6. l. 
For average numerators <= 0, assign rho2 = -1/2 

if ( (numer l = crit) <= O) rhol) = - 0x8000; 
else { 



5,490,515 
49 50 

573 Filter 6.2 
58O For average numerators > 0, calculate "rho2" after 
58. normalizing average numerator & denominator and 
582 protecting against null denominator by adding l. 
583 

584 Offset >>= l, shift = offset >> l6; 
585 while (shift = 0) offset >>= 2, cnt >>= 2, shift >> = 2; 
586 offset:++, cnt >>= 2; 
587 

588 error = (unsigned int) (cnt << l6) / (unsigned short) offset; 
589 error -- 0x8 OOO; 
59 O 
591 Filter 6.3 
592 Positive rate of increase of rho2 is limited 
593 
594 

595 shift = rho (l), shift += 32OOO/BOX2; 
596 if (error > shift) rhol) = shift; else rho (i) = error; 
597 ) 

Oct l7 12:51 l990 patent. src Page 18 

598 
599 Filter 7. 
6OO For each lead, calculate output Xout (O) as original 
60 input zin (O) less corrections from band l and 2 filters 
602 

603 /* Estimate 16 * 8 memory cycles 
604 for (cnt = NLD, p2 = pzold; --cnt >= 0; pz++) 
605 { 
606 error = (ps-le-BOX2/2-1) -> zin (O); 
6O7 error -= (ps-lé-BOX2/2-1+16) ->f2 out (0); 
608 error -= (ps-le-BOX2/2-1-4) -> flout (O) ; 
609 ps->xout (O) = error; 



611 
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92 pzoid; 
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62 
6.13 
64 
65 
66 
67 
68 

no filt: 

#define pc ( (unsigned char *) pzold) 

| Filter 8. 

52 
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I claim: 
1. A method for providing an output signal corresponding 

to a signal produced by a signal source, the signal produced 
by the signal source having a series of repetitious, generally 
similar features, said method reducing the presence of noise 
in the provided output signal and comprising the steps of: 

sequentially sensing a plurality of said repetitious signal 
features to obtain a plurality of received signals in 
which noise may be present, each of said plurality of 
received signals corresponding to one of said repeti 
tious signal features; 

forming at least one set of determination points in the 
plurality of received signals; 

measuring the actual magnitude of said received signals at 
the determination points; 

selecting a given one of the received signal as that for 
which a corresponding output signal having reduced 
noise will be produced; 

generating, from the actual magnitudes of the received 
signals other than the given received signal, an esti 
mated signal representing an estimated magnitude of 
the given received signal for at least one determination 
point in the given received signal; 

comparing the given received signal and the estimated 
signal on the basis of their magnitudinal properties; 

generating a compliance signal from said comparison of 
the given received signal and estimated signal indica 
tive of the compliance between the signals, differences 
in the given received signal and estimated signal being 
attributable to noise in the given received signal; and 

generating, from the given received signal and the com 
pliance signal, said output signal in which the presence 
of noise is reduced. 

2. The method according to claim 1 wherein the step of 
generating an estimated signal is further defined as gener 
ating an estimated signal having a magnitude that minimizes 
the difference between the magnitude of the estimated signal 
and the actual signal magnitudes of the received signals 
other than the given received signal. 

3. The method according to claim 2 wherein the step of 
generating an estimated signal is further defined as gener 
ating an estimated signal, the magnitude of which produces 
the least squared error with respect to the actual magnitudes 
of the received signals other than the given received signal. 

4. The method according to claim 1 wherein the step of 
forming at least one set of determination points in the 
plurality of received signals is further defined as forming a 
plurality of sets of determination points in the plurality of 
received signals and wherein the step of generating an 
estimated signalis further defined as generating an estimated 
signal representing the estimated magnitude of the given 
received signal for a selected plurality of determination 
points in the given received signal. 

5. The method according to claim 1 wherein the compar 
ing step is further defined as comparing the given received 
signal and the estimated signal at at least one determination 
point in the given received signal. 

6. The method according to claim 1 wherein the step of 
generating said output signal is further defined as altering 
the magnitude of the given received signal in accordance 
with the compliance signal. 

7. The method according to claim 6 wherein the step of 
generating said output signal is further defined as attenuating 
the given received signal in accordance with the compliance 
signal. 

8. A method according to claim 1 wherein the step of 
generating the estimated signal is further defined as gener 
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ating an estimated signal for a plurality of determination 
points in the given received signal; the step of generating a 
compliance signal is further defined as providing the com 
pliance for each determination point in a range of said 
determination points and generating a compliance signal for 
a given determination point in said range from the compli 
ance for each determination point in the range; and the step 
of generating said output signal is further defined as gener 
ating said output signal from the given received signal at the 
given determination point and the so-generated compliance 
signal. 

9. The method according to claim 8 further defined as 
generating said output signal from the given received signal 
at a determination point in the center of said range of 
determination points. 

10. The method according to claim 1 wherein the plurality 
of received signals include feature segments of distinguish 
able magnitudinal variation and wherein the step of gener 
ating the estimated signal is further defined as generating an 
estimated signal from the actual magnitudes of the received 
signals other than the given received signal in the feature 
segments of distinguishable magnitudinal variation. 

11. A method for producing an EKG output signal indica 
tive of electrical phenomena exhibited by a patient's heart, 
the phenomena including a series of repetitious, generally 
similar, electrical signal features associated with the func 
tioning of the heart, said method reducing the presence of 
noise in the produced EKG output signal so that the EKG 
output signal is an accurate indication of the heart phenom 
ena, said method comprising the steps of: 

sequentially sensing a plurality of said repetitious signal 
features; 

obtaining, from the sensing, a plurality of received EKG 
signals in which noise may be present, each of said 
plurality of received EKG signals corresponding to one 
of said repetitious signal features; 

forming at least one set of common determination points 
in the plurality of received EKG signals; 

measuring the actual magnitude of said received EKG 
signals at the determination points; 

selecting a given one of the received EKG signal as that 
for which a corresponding EKG output signal having 
reduced noise will be produced; 

generating, from the actual magnitudes of the received 
EKG signals other than the given received EKG signal, 
an estimated EKG signal representing an estimated 
magnitude of the given received EKG signal for at least 
one determination point in the given received EKG 
signal; 

comparing the given received EKG signal and the esti 
mated EKG signal on the basis of their magnitudinal 
properties; 

generating a compliance signal from said comparison of 
the given received EKG signal and estimated EKG 
signal indicative of the compliance between the signals, 
differences in the given received EKG signal and 
estimated EKG signal being attributable to noise in the 
given received EKG signal; and 

generating, from the given received EKG signal and the 
compliance signal, said EKG output signal having 
reduced noise. 

12. The method according to claim 11 wherein the step of 
generating an estimated EKG signal is further defined as 
generating an estimated EKG signal having a magnitude that 
minimizes the difference between the magnitude of the 
estimated EKG signal and the actual signal magnitudes of 
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the received EKG signals other than the given received EKG 
signal. 

13. The method according to claim 12 wherein the step of 
generating an estimated EKG signal is further defined as 
generating an estimated EKG signal, the magnitude of 
which produces the least squared error with respect to the 
actual magnitudes of the received EKG signals other than 
the given received EKG signal. 

14. The method according to claim 11 wherein the step of 
forming at least one set of determination points in the 
plurality of received EKG signals is further defined as 
forming a plurality of sets of determination points in the 
plurality of received EKG signals and wherein the step of 
generating an estimated EKG signal is further defined as 
generating an estimated EKG signal representing the esti 
mated magnitude of the given received EKG signal for a 
selected plurality of determination points in the given 
received EKG signal. 

15. The method according to claim 11 wherein the com 
paring step is further defined as comparing the given 
received EKG signal and the estimated EKG signal at at 
least one determination point in the given received EKG 
signal. 

16. The method according to claim 11 wherein the step of 
generating said EKG output signal is further defined as 
altering the magnitude of the given received EKG signal in 
accordance with the compliance signal. 

17. The method according to claim 16 wherein the step of 
generating said EKG output signal is further defined as 
attenuating the given received signal in accordance with 
the;compliance signal. 

18. A method according to claim 11 wherein the step of 
generating the estimated EKG signal is further defined as 
generating an estimated EKG signal for a plurality of 
determination points in the given received signal; the step of 
generating a compliance signal is further defined as provid 
ing the compliance for each determination point in a range 
of said determination points and generating a compliance 
signal for a given determination point in said range from the 
compliance for each determination point in the range; and 
the step of generating said EKG output signal is further 
defined as generating said EKG output signal from the given 
received EKG signal at the given determination point and 
the so-generated compliance signal. 

19. The method according to claim 18 further defined as 
generating said EKG output signal from the given received 
EKG signal at a determination point in the center of said 
range of determination points. 

20. The method according to claim 11 wherein the plu 
rality of received EKG signals include feature segments of 
distinguishable magnitudinal variation and wherein the step 
of generating the estimated EKG signal is further defined as 
generating an estimated EKG signal from the actual mag 
nitudes of the received EKG signals other than the given 
received EKG signal in the feature segments of distinguish 
able magnitudinal variation. 

21. The method according to claim 20 wherein the plu 
rality of received EKG signals include QRS feature seg 
ments and wherein the estimated EKG signal is generated 
from signal magnitudes in the QRS feature segments. 

22. Signal processing apparatus for providing an output 
signal corresponding to a signal produced by a signal source, 
the signal produced by the signal source having a series of 
repetitious, generally similar features, said apparatus reduc 
ing the presence of noise in the provided output signal, said 
apparatus being suitable for use with sensor means for 
obtaining the signal produced by the signal source, in which 
signal noise may be present, said apparatus comprising: 
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an input receiving the signal obtained by the sensor means 

and forming a plurality of input signals each of which 
corresponds to one of the repetitious signal features; 

means forming at least one set of determination points in 
said plurality of input signals; 

a measurement circuit measuring the actual magnitude of 
said plurality of input signals at the determination 
points in the plurality of input signals; 

a selector selecting a given one of said input signal as that 
for which a corresponding output signal having reduced 
noise will be produced; 

an estimated magnitude signal generator for generating, 
from the actual magnitudes of the input signals other 
than the selected input signal, an estimated signal 
representing an estimated magnitude of the selected 
input signal for at least one determination point in the 
selected input signal; 

a comparator comparing the selected input signal and the 
estimated signal on the basis of their magnitudinal 
properties and determining the compliance between the 
selected input signal and the estimated signal, differ 
ences in the selected input signal and estimated signal 
being attributable to noise in the selected input signal; 
and 

a signal generator generating, from the selected input 
signal and the compliance, said output signal in which 
noise is reduced. 

23. The signal processing apparatus according to claim 22 
wherein said estimated magnitude signal generator is further 
defined as generating an estimated signal having a magni 
tude that minimizes the difference between the magnitude of 
the estimated signal and the actual magnitudes of the input 
signals other than the selected input signal. 

24. The signal processing apparatus according to claim 23 
wherein said estimated magnitude signal generator is further 
defined as generating an estimated signal, the magnitude of 
which produces the least squared error with respect to the 
actual magnitudes of the input signals other than the selected 
input signal. 

25. The signal processing apparatus according to claim 23 
wherein said forming means is further defined as forming a 
plurality of sets of determination points in said plurality of 
input signals and wherein the estimated magnitude signal 
generatoris further defined as generating an estimated signal 
for a selected plurality of determination points. 

26. The signal processing apparatus according to claim 22 
wherein said comparator is further defined as comparing the 
selected input signal and the estimated signal at determina 
tion points in the selected input signal. 

27. The signal processing apparatus according to claim 22 
wherein the signal generator is further defined as altering the 
selected input signal in accordance with the compliance to 
generate said output signal. 

28. The signal processing apparatus according to claim 27 
wherein said signal generator is further defined as attenuat 
ing the selected input signal in accordance with the com 
pliance to generate said output signal. 

29. The signal processing apparatus according to claim 22 
wherein said estimated magnitude signal generator is further 
defined as generating an estimated signal for a plurality of 
determination points in said selected input signal; wherein 
said comparator is further defined as determining the com 
pliance for each determination point in a range of said 
determination points and for providing a compliance for a 
given determination point in said range from the compliance 
for each determination point in the range; and wherein said 
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signal generator is further defined as generating said output 
signal at a determination pointin said range of determination 
points in accordance with the so-determined compliance. 

30. The signal processing apparatus according to claim 29 
wherein said signal generatoris further defined as generating 
said output signal at a determination point in the center of 
said range of determination points. 

31. Signal processing apparatus for producing an EKG 
output signal indicative of electrical phenomena exhibited 
by a patient's heart, the phenomena including a series of 
repetitious, generally similar, electrical signal features asso 
ciated with the functioning of the heart, said apparatus 
reducing the presence of noise in the produced EKG output 
signal so that the EKG output signal is an accurate indication 
of the heartphenomena, said apparatus being suitable foruse 
with sensor means for obtaining an EKG signal in which 
noise may be present, said apparatus comprising: 

an input receiving the EKG signal obtained by the sensor 
means and forming a plurality of input signals, each of 
which corresponds to one of the repetitious signal 
features; 

means forming at least one set of determination points in 
said plurality of input signals; 

a measurement circuit measuring the actual magnitude of 
said plurality of input signals at the determination 
points in the plurality of input signals; 

a selector selecting a given one of said input signal as that 
for which a corresponding EKG output signal having 
reduced noise will be produced; 

an estimated magnitude signal generator for generating, 
from the actual magnitudes of the input signals other 
than the selected input signal, an estimated signal 
representing an estimated magnitude of the selected 
input signal for at least one determination point in the 
selected input signal; 

a comparator comparing the selected input signal and the 
estimated signal on the basis of their magnitudinal 
properties and determining the compliance between the 
Selected input signal and the estimated signal, differ 
ences in the selected input signal and estimated signals 
being attributable to noise in the selected input signal; 
and 

a signal generator generating, from the selected input 
signal and the compliance, said EKG output signal in 
which noise is reduced. 

32. The signal processing apparatus according to claim 31 
wherein said estimated magnitude signal generator is further 
defined as generating an estimated signal having a magni 
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tude that minimizes the difference between the magnitude of 
the estimated signal and the actual magnitudes of the 
obtained input signals other than the selected input signal. 

33. The signal processing apparatus according to claim 32 
wherein said estimated magnitude signal generator is further 
defined as generating an estimated signal, the magnitude of 
which produces the least squared error with respect to the 
actual magnitudes of the input signals other than the selected 
input signal. 

34. The signal processing apparatus according to claim 31 
wherein said forming means is further defined as forming a 
plurality of sets of common determination points in said 
plurality of input signals and wherein the estimated magni 
tude signal generator is further defined as generating an 
estimated signal over a selected plurality of determination 
points. 

35. The signal processing apparatus according to claim 31 
wherein said comparator is further defined as comparing the 
selected input signal and the estimated signal at determina 
tion points in the selected input signal. 

36. The signal processing apparatus according to claim 31 
wherein the signal generator is further defined as altering the 
selected input signal in accordance with the compliance to 
generate said output signal. 

37. The signal processing apparatus according to claim 36 
wherein said signal generator is further defined as attenuat 
ing the selected input signal in accordance with the com 
pliance to generate said output signal. 

38. The signal processing apparatus according to claim 31 
wherein said estimated magnitude signal generator is further 
defined as generating an estimated signal for a plurality of 
determination points in said selected input signal; wherein 
said comparator is further defined as determining the com 
pliance for each determination point in a range of said 
determination points and for providing a compliance for a 
given determination point in said range from the compliance 
for each determination point in the range; and wherein said 
signal generator is further defined as generating said output 
signal at a determination pointin said range of determination 
points in accordance with the so determined compliance. 

39. The signal processing apparatus according to claim 38 
wherein said signal generator is further defined as generating 
said output signal at a determination point in the center of 
said range of determination points. 

ck k k k 
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